NQV-29-2005 TUE 03:47 PM HARGER JOHNSON 



FAX NO. 5032744622 



P. 



IN THE CLAIMS 

Please amend the claims as follows: 

1 . (CurrenUy Amended) A method for controlling a Voice Over Internet Protocol 
(VoIP) call at a telephone endpoint, comprising: 

tracking adaptation schemes used at the telephone endpoint for transmitting packets in 

the VoIP call; 

monitoring a user response to the VoIP call that requests a different level of user 
perceived sound quality for the Vol? call; and 

dynamically varying the adaptation schemes used at the telephone endpoint for 
transmitting the packets in the VoIP call from the telephone endpoint to correspond with the 
requested level of user perceived sound quality; 

wherein dynamically varying the adaptation p ar<uii e t e r 9 scfaem^s affects how much 
digital data is used to represent an audio signal. 

2. (Previously Presented) A method according to claim 1 including; 

initially transmitting the packets in the VoIP call over an Internet Protocol (IP) packet 
switched network using an IP packet best effort transmission scheme; 

monitoring the user response for a request to increase sound quality; and 
requesting reservation of IP packet switched network resources during the already 
established VoIP call wOien the increase sound quality request is detected from the user 
response prior to the reserved IP packet switched network resources being used during the 
VoIP call and without necessarily using the entire requested resources during the VoIP call. 

3. (Previously Presented) A method according to claim 2 wherein requesting 
reservation of network resources comprises making an RSVP (Resource Reservation 
Protocol) request during the VoIP call. 

4. (Original) A method according to claim 2 including conducting the already 
established VoIP call using reserved network resources when the requested reservation is 
accepted and the user response requests additional increases in the sound quality of the VoIP 
call. 



Docket No. 2705-126 Page 2 of 14 Application No. 09/745,387 

PAGE 4/16* RCVD AT 11/29/2005 6:46:32 PM pstem Standard Time] ' SVR:USPTO-EFXRF-6/27 ' DNIS:2738300 * CSID:S032744622 * DURATION (mm-ss):0S-06 



•NqV-29-2005 TUE 03:47 PM HARGER JOHNSON 



FAX NO. 5032744622 



P. 



5. (Original) A method according to claim 4 including increasing voice coder 
performance or reducing payload size after the network resources are reserved. 

6. (Original) A method according to claim 1 including using a signal generated by 
an input device to detect the user response during the VoIP call. 

7. (Original) A method according to claim 6 including using a dial or buttons on a 
telephone as the input device. 

8. (Original) A method according to claim 6 including using a graphical user 
interface as the input device. 

9. (Original) A method according to claim 1 including decoding Dual Tone Multiple 
Frequency signals to detect the user response. 

10. (Currently Amended) A method for controlling a VoIP call, comprising: 
tracking adaptation schemes used for transmitting packets in a Voice Over IP (VoIP) 

call; 

monitoring a user response to the VoIP call; 

dynamically varying the adaptation schemes used for transmitting the packets 
according to the monitored user response; and 

monitoring congestion in a network used for conducting the VoIP call and varying the 
adaptation schemes according to the user response and the monitored congestion; 

wherein dynamicaUy varying the adaptation paromot e rs sc hemes uflbots a bondwidth 
VnTP includes either vnrvinP which rnriftT algorithm is used at the TBlephone endpoint, 
varvine a packet pavload size of the pa c kets or varying what type of FpTWard Brror 
nnrrection (FEO is used in associa tion with the Packets. 

1 1 . (Original) A method according to claim 1 wherein varying the adaptation 
schemes comprises varying codecs used for encoding audio signals into digital data making 
up the packets. 
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12. (Original) A method according to clairo 1 including detecting a user response 
selecting a cost for the VoIP call and varying the adaptation schemes according to the 
selected cost. 

1 3 . (Currently Amended) An adaptation system, comprising: 

an input for detecting a user response requesting a different user perceived sound 

quality for a call; and 

a controller configured to dynamically vary adaptation parameters used for 
transmitting packets making up the call to correspond with the requested different user 
perceived soimd quality in the user response detected by the input; 

wherein dynamically varying the adaptation parameters affects hpw ^ analog sign al 
iQ converted intn tha packets making uo the caU. how much digitul data in iisod To roproQont on 
audio signal . 

14. (Previously Presented) An adaptation system according to claim 13 wherein the 
controller monitors congestion in the network carrying the call and selects which of the 
adaptation parameters to vary according to the monitored congestion and the requested user 
perceived sound quality. 

15. (Original) An adaptation system according to claim 13 wherein the controller 
initially transmits the packets in the call using a best effort transmission scheme and during 
the call requests reservation of network resources when the user response requests increased 
sound quality. 

16. (Previously Presented) An adaptation system according to claim 15 wherein the 
controller initiates an RSVP (Resource Reservation Protocol) request to reserve the network 
resources. 

17. (Original) An adaptation system according to claim 15 wherein the controller 
monitors for acceptance of the network reservation request and modifies the adaptation 
parameters to provide an increased sound quality call when the acceptance is received. 
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18. (Original) An adaptation system according to claim 13 wherein the input 
comprises a dial or buttons. 

19. (Original) An adaptation system according to claim 13 wherein the input 
comprises a graphical user interface. 

20. (Original) An adaptation system according to claim 19 including a cost icon in 
the graphical user interface that allows selection of a call cost, the controller varying the 
adaptation parameters according to the selected call cost. 

21. (Original) An adaptation system according to claim 13 wherein the input device 
generates Dual Tone Multiple Frequency signals that are decoded by the controller for 
identifying the user response. 

22. (Original) An adaptation system according to claim 13 wherein the user response 
determines how much the controller varies the adaptation parameters. 

23. (Original) An adaptation system according to claim 13 wherein the controller 
varies a rate that the packets aw transmitted and received during the call. 

24. (Previously Presented) An electronic storage medium containing software used 
for controlling a VoIP call, the software in the electronic storage medium comprising: 

code for tracking adaptation schemes used for transmitting audio packets in a Voice 
Over IP (VoIP) call; 

code for monitoring a user response to the VoIP call indicating a desired level of user 
perceived audio quality for the VoIP call; and 

code for dynamically vaiying the adaptation schemes used for transmitting the audio 
packets from a telephone endpoint so that the user perceived audio quality of the VoIP call 
corresponds with the monitored user response. 
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25. (Original) An electronic storage medium according to claim 24 including; 
code for initially transmitting the packets in the VoIP call using a best effort 

transmission scheme; 

code for monitoring the user response for a request to increase voice quality; and 
code for requesting reservation of network resources during the already established 

VoIP call when the increase voice quality request is detected from the user response. 

26. (Previously Presented) An electronic storage medium according to claim 25 
including code that requests reservation of network resources by making an RSVP (Resource 
Reservation Protocol) request in the middle of the VoIP call. 

27. (Original) An electronic storage medium according to claim 25 mcluding code for 
conducting the already established VoIP call using reserved network resources when the 
requested reservation is accepted and the user response requests additional increases in voice 
quality of the VoIP call. 

28. (Original) An electronic storage medium according to claim 27 including code for 
increasing voice coder quality and reducing packet payload size for the packets in the VoIP 
call after the network resources are reserved. 

29. (Original) An electronic storage medium according to claim 24 including code 
that detects the user response from a signal generated by an input device controllable by a 
user during the VoIP call. 

30. (Original) An electronic storage medium according to claim 29 wherein the input 
device comprises a dial on a telephone. 

31. (Original) An electronic storage medium according to claim 29 wherein the input 
device comprises a graphical user interface on a computer. 

32. (Original) An electronic storage medium according to claim 24 including code 
that decodes Dual Tone Multiple Frequency signals to identify the user response 
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33. (Original) An electronic storage medium according to claim 24 including code for 
monitoring congestion in a network used for conducting the VoIP call and varying the 
adaptation schemes according to the user response and the monitored congestion. 

34. (Original) An electronic storage medium according to claim 24 including: 
code for varying codecs used for encoding audio signals into digital data making up 

the audio packets; 

code for varying a rate that the audio packets are transmitted and received dunng the 
VoIP call; 

code for varying an amount of audio data in the audio packets; and 

code for adding or removing error correction information from the audio packets. 

35. (Original) An electronic storage medium according to claim 24 including code for 
detecting a user response selecting a cost for the VoIP call and varying the adaptation 
schemes according to the selected cost. 

36. (Previously Presented) A system for controlling a VoIP call, comprising: 
means for tracking adaptation schemes used for transmitting audio packets in a Voice 

Over IP (VoIP) caU; 

means for monitoring a user response to the VoIP call indicating a desired level of 
user perceived audio quality for the VoIP call; and 

means for dynamically varying the adaptation schemes used for transmitting the audio 
packets from a telephone endpoint so that the user perceived audio quality of the VoIP call 
corresponds with the monitored user response. 

37 (Cumntly Amended) A system for controUing a VoIP call, comprising: 

means for tracking adaptation schemes used for transmitting audio packets in a Voice 

Over IP (VoIP) call; 

means for monitoring a user response to the VoIP call; 

means for dynamically varying the adaptation schemes used for transmitting the audio 
packets according to the monitored user response rl^mnmirall y v»iTinp the adaptation 
..K.^.. ..h«.^na h ^^^ »n .n.lo. ^u6io n^.^ is packetjzed into the ^.idio packets ; 

means for initially transmitting the packets in the VoIP call using a best effort 
transmission scheme; 
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means for monitoring the user response for a request to increase voice quality; and 
means for requesting reservation of network resources for the call during the already 

established VoIP call when the increase voice quality request is detected from the user 

response. 

38. (Previously Presented) A system according to claim 37 including means for 
requesting reservation of network resources by making an RSVP (Resource Reservation 
Protocol) request in the middle of the VoIP call. 

39. (Original) A system according to claim 37 including means for conducting the 
already established VoIP call using reserved network resources when the requested 
reservation is accepted and the user response requests additional increases in voice quality of 
the VoIP call. 

40. (Original) A system according to claim 38 including means for increasing voice 
coder quality and reducing packet payload size for the packets in the VoIP call after the 
network resources are reserved. 

41 . (Original) A system according to claim 36 including means for detecting the user 
response &om a signal generated by an input device controllable by the user during the VoIP 
call. 

42. (Original) A system according to claim 36 including means for detecting the user 
response from a dial on a telephone. 

43. (Original) A system according to claim 36 including means for detecting the user 
response from a graphical user interface on a computer. 

44. (Original) A system according to claim 36 including means for decoding Dual 
Tone Multiple Frequency signals to monitor the user response. 
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45 (Original) A system according to claim 36 including means for monitoring 
congestion in the network used for conducting the VoIP call and varying the adaptation 
schemes having a best chance with the monitored congestion of adapting the VoIP call to the 
user response. 

46. (Original) A system according to claim 36 including: 

means for varying codecs used for encoding audio signals into digital data making up 
the audio packets; 

means for varying a rate that the audio packets are transmitted and received durmg the 
VoIP call; 

means for varying an amount of audio data in the audio packets; and 

means for adding or removing error correction information from the audio packets. 

47. (Currently Amended) A system according to claim 34 2fi including means for 
detecting a user response selecting a cost for the VoIP call and means for vaiying the 
adaptation schemes according to the selected cost. 

48. (Currently Amended) A method for controUing a call, comprising; 
establishing a call over a Plain Old Telephone System (POTS); 
o o nvortine tlw oall to a puokctiaod cal4 ; 

generating Dual Tone Multiple Frequency (DTMF) signals to request a controller to 

modify a sound quality of the p aokotiz e d call; «*d 

p..u.ti.^n. the ca " ^ .^^twnrk device th.t is coupled to a pqfk^t switcl^gd network ^ 
g^Luauit, Qiu DTf ir ngnnln nnd modifying adaptation parameters in re>}pQpse to ft£ 

r>TTUF signals to modiftr the sound quality of the packetized call. 

49. (Previously Presented) A method for controlling a Voice Over Internet Protocol 

(VoIP) call, comprising: 

tracking adaptation schemes used for transmitting packets in the VoIP call; 

monitoring a user response to the VoIP call that requests a different level of user 
perceived sound quality for the VoIP call; and 

dynamically varying the adaptation schemes used for transmitting the packets in the 
VoIP call to correspond with the requested level of user perceived sound quality; 
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wherein dynamically varying the adaptation schemes includes adjusting Forward 
Enot Correction (FEC) and adjusting packet payload length. 

50. (New) The method of claim 1 fiarther comprising: 

listening to an audible signal after dynamically varying the adaptation scheme to 
determme a level of user perceived sound quality for the audible signal; 

further dynamicaUy varying the adaptation schemes to improve the audible signal 
when the user perceived quality of the audible signal is low; and 

further listening to the impn^ved audible signal to determine a level of user pen^eived 
sound quality for the improved audible signal. 



Application No. 09/745.387 



Page 10 of 14 



Docket No. 2705-126 



PAGE 12116 ' RCVD AT 11/29/2005 6:46:32 PM [Eastern Standard rime] * SVR:USPTO-EFXRF«27 ' DNIS:2738300 * CSID:S032744622 ' DURATION (in[n-ss):05«6 



